Abstract-Adaptive code modulation (ACM) has been studied for last two decades to enhance the bandwidth and power efficiency in a bandwidth-constrained and power-constrained communication system environment. This paper studies how to decide the boundaries of a signal-to-noise ratio (SNR) for the ACM mode selection for a given set of parameters and system model. Also, this paper proposes an efficient and practical algorithm to search the proper ACM mode that meets a target bit error rate (BER) and achieves the maximum data rate. The proposed algorithm is found to be effective under jamming and interference, even if channel and jamming state information (JSI) are unavailable. The results in this paper can be applicable for future satellite and mobile communication system designs against jamming and interference environments.
I. INTRODUCTION
For the last two decades, adaptive code modulation (ACM) has been studied to enhance the bandwidth and power efficiency in a bandwidth-and power-constrained communication system environment [1] - [3] . For example, in [1] , the authors examined the integration of adaptive modulation and channel coding protocols with fountain coding in a packet radio system. Also, the existing digital video broadcasting-return channel via satellite (DVB-RCS) and the second-generation DVB satellite (DVB-S2) including the future protected spectrum waveform have employed an ACM [4] - [9] . This paper studies how to determine the ACM boundaries of the signal-to-noise ratio (SNR) for a given set of parameters and the system model. The results here will be useful for the future satellite communication system designs against jamming and interference environments.
Section II describes the system model, and Section III presents how to select the ACM out of a pool, assuming that jamming and interference state information is both available and unavailable at the receiver. Section IV compares and discusses the numerical results for three cases, and Section V concludes the paper
II. .SYSTEM MODEL

A. Adaptive Code Modulation Model
A set of ten modes adaptive code modulations is considered here. These are combinations of two M-ary phase shift keying (MPSK) modulations: quadrature PSK (QPSK) and 8PSK, and a convolutional forward error correction (FEC) code of five different code rates: 1/4, 1/3, 1/2, 2/3, and 1. The connection generator matrices for a convolutional code of constraint length 7 for these code rates are listed in Table I [13]. The code rates and the constraint length are obtained from the DVB-S2 standard [9] . The ten ACM modes are listed in Table II .
B. Channel Model
A Rician fading channel in addition to additive white Gaussian noise channel (AWGN) is considered instead of Rayleigh fading because the line-of-sight (LOS) component is typically available in a satellite communication system. This paper assumes partial band tone jamming (PBTJ) or partial band noise jamming (PBNJ). Interference can be added because this paper considers an AWGN type of interference. The proposed algorithm is effective for any other type of interference and jamming because the algorithm uses bit error rate (BER) criteria to select the ACM mode and does not need the jamming and interference state information. Therefore, this paper assumes PBNJ without loss of generality. The probability of being jammed is β between 0 and 1. The probability density function of the instantaneous received symbol SNR in a Rician fading channel is written as
where 
where ( )
is the symbol energy-to-noise power spectral density ratio,
The probability of feeding back the selected ACM mode information to the transmitter incorrectly is negligible. This is because the amount of feedback information is very small, compared to the data amount, and sufficient power can be allocated for the ACM mode information transmission. The transmitter applies the received ACM mode information for the next frame interval. Each frame (or an update time interval for ACM) consists of a sufficient number of data bits to estimate the BER (or packet error probability) reliably. For example, 100,000 bits per frame is sufficient for a target BER of 10 -3 . Fig. 1 represents the overall system block diagram.
The average of the received symbol SNR can be written as 
III. HOW TO SELECT ADAPTIVE CODE MODULATION This section presents a method for how to select an ACM mode out of ten possible combinations of convolutional FEC and QPSK/8PSK modulations when the instantaneous SNR is time-varying due to the presence of fading and jamming/interference. Case A in this section finds lower and upper SNR boundaries, i.e., the SNR region for each ACM mode to be used, assuming an AWGN channel of E N and jamming probability β ) is available at the receiver and finds the SNR region for each ACM mode using the known JSI. Case C assumes that JSI is unknown at the receiver and presents an efficient algorithm for how to select a proper ACM mode based on BER or symbol error rate test using the SNR regions obtained for Case A.
A. SNR Boundaries under AWGN SNR boundaries will be determined to guarantee that the instantaneous BER under fading is less than or equal to a maximum allowable BER. For example, the maximum BER is set to 
where ( ) ( )
is the tail probability of a normalized Gaussian random variable larger than or equal to α , c R is the code rate, and it is assumed that whenever a code symbol error occurs, it is demodulated into a wrong symbol with the minimum distance in the MPSK signal constellation. Table II lists the SNR boundaries for the no-jamming case using the results in Fig. 2 . Here, the bandwidth efficiencies under 8PSK with code rates 1/4 and 1/3 are lower than that of QPSK with code rate 2/3, but they require a higher SNR in order to maintain a 10 -3 BER. Thus, the 8PSK modulation with code rates 1/4 and 1/3 are neglected. Under a fading environment, the SNR γ will vary. If γ is known at the receiver, then the proper ACM mode can be selected using the SNR boundaries from Table II .
B. SNR Boundaries under Jamming with JSI
When the transmitted signal is jammed with 
In Fig. 2 the crossing points at 
)
This is obtained from (6) by setting
And this is because both BERs are approximately a function of the tail probability ( ) Q α for both Cases A and B.
Again, the SJNR J γ will vary under a fading environment.
If J γ is known at the receiver, i.e., channel state information
E N , and β ) are known, then the proper ACM mode can be selected using the SNR boundaries , , Table II for the jamming case. Note also that 8PSK with no coding cannot be used because Table II . Furthermore, a simple theorem can be stated.
Theorem 1:
The ACM mode i can be used only if
E N β γ > . Otherwise, the ACM mode i cannot be employed. This is because the denominator in (7) becomes negative. For example, ACM mode i = 10 in Table II cannot The shifting amount, 10 , , If the transmitter cannot change its transmit power, then this shifting amount indicates selecting a proper ACM mode to achieve the same target BER. This paper assumes a constant transmit power, i.e., no power adaptation but rate adaptation because typical satellite systems use constant power.
C. SNR Boundaries under Jamming without JSI
If the channel is jammed but JSI is unknown, i.e., In Fig. 3 , variable i denotes the index of the trial SNR boundary, g is the chosen ACM mode index at the end of each loop for a given boundary i γ test, and n is the number of possible modes, e.g., eight in Table II . Therefore, the maximum number of possible trial frames is eight in this case. The following explanation is presented to demonstrate the process of the proposed algorithm using the example in Table II . The flow chart starts at the first input cutoff SNR, ,1 b γ = 1.5 dB. The receiver sets the index to g = 1 and initializes it using the first ACM mode, which is QPSK modulation with a code rate 1/4, even under a jamming environment, because the receiver has no JSI. However, at this modulation, the receiver cannot achieve 10 -3 BER because of the jamming signal presence, e.g.,
10
b J E N = dB. Refer to column 5 of Table II . It needs at least 2.2 dB to achieve a BER of 10 . The receiver lowers the trial ACM index (i.e., g = g -1), which becomes 0 ACM mode, i.e., no transmission for i = 1 boundary, i.e., 1 γ . Hence, the algorithm outputs no transmission ACM mode for region 1, i.e., 1 2 J γ γ γ ≤ < . The process continues until the last boundary, e.g., 8 γ , is decided. Therefore, the proposed algorithm can select the proper ACM mode without JSI. In practice, the algorithm presented in Fig. 3 can select the proper ACM modulation based on the given instantaneous γ to maximize the bandwidth efficiency and data rate. Table III lists , it would be better to employ mode 9. ACM modes 5 and 6 are deleted, as stated earlier. Also, observe that the maximum instantaneous bandwidth efficiency is 3 bits/s/Hz, which can be achieved with 8PSK of no coding when the instantaneous SNR is greater than 10 dB.
Observe also in Fig. 4 that Cases B and C under jamming show a similar performance, but the maximum reachable instantaneous bandwidth efficiency is only 2 bits/s/Hz. This is because mode 10 shows a BER floor higher than 10 -3 in Fig. 2 , even for a very strong 0 S E N = 10; therefore, mode 10 cannot be used. The bandwidth efficiency of 2 bits/s/Hz can be achieved by employing QPSK with no coding. Observe also that Case C shows a performance close to Case B, even if JSI is not available. This is surprising and encouraging. Note also that the proposed algorithm does not need channel estimation, which simplifies the receiver processing significantly. The time delay caused by searching for a proper ACM mode with BER criteria may be acceptable in many applications, e.g., a disruption/delay tolerant network (DTN) [10] - [12] . It will take less than an eightframe interval delay to update the ACM mode for eight possible ACM modes available, e.g., 100,000 bits per frame, and eight frames take only 80 ms for 10 Mbps of data rate. Therefore, the proposed algorithm in Fig. 3 may be usable for future MILSATCOM waveform designs. average BER when γ is sufficiently higher than 30 dB because Cases B and C show the BER floor due to jamming for a high SNR region. When the average SNR is lower than 30 dB, Case C shows a smaller BER than Case B and even Case A. This is because in Case A, all eight ACM modes are considered, while in Case B, the 8PSK modulation with no coding is deleted because the BER target cannot be achieved under jamming. And in Case C, referring to Table III , only four of the ACM modes are used. Thus, the average BER of Case B is higher than that of Case C, but Case B has higher bandwidth efficiency than Case C. And since the instantaneous BER under fading is set to be less than or equal to a maximum allowable , the average BER of Case B is acceptable. This paper focuses more on the bandwidth efficiency criteria rather than BER. Pb bar case1 case2 case3
